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(57) ABSTRACT

A signal processing device processes a plurality of observed
signals at a plurality of frequencies. The plurality of the
observed signals are produced by a plurality of sound receiv-
ing devices which receive a mixture of a plurality of sounds.
In the signal processing device, a storage stores observed data
of the plurality of the observed signals. The observed data
represents a time series of magnitude of each frequency in
each of'the plurality of the observed signals. An index calcu-
lator calculates an index value from the observed data for each
of the plurality of the frequencies. The index value indicates
significance of learning of a separation matrix using the
observed data of each frequency. The separation matrix is
used for separation of the plurality of the sounds from each
other at each frequency. A frequency selector selects one or
more frequency according to the index value of each fre-
quency. A learning processor determines the separation
matrix by learning with a given initial separation matrix using
the observed data of the selected frequency.

14 Claims, 10 Drawing Sheets
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1
SOUND PROCESSING DEVICE

BACKGROUND OF THE INVENTION

1. Technical Field of the Invention

The present invention relates to a technology for empha-
sizing (typically, separating or extracting) or suppressing a
specific sound in a mixture of sounds.

2. Description of the Related Art

Each sound in a mixture of a plurality of sounds (voice or
noise) emitted from separate sound sources is individually
emphasized or suppressed by performing sound source sepa-
ration on a plurality of observed signals that a plurality of
sound receiving devices produce by receiving the mixture of
the plurality of sounds. Learning according to Independent
Component Analysis (ICA) is used to calculate a separation
matrix used for sound source separation of the observed sig-
nals.

For example, a technology in which a separation matrix of
each of a plurality of frequencies (or frequency bands) is
learned using Frequency-Domain Independent Component
Analysis (FDICA) is described in Japanese Patent Applica-
tion Publication No. 2006-84898. Specifically, a time series
of observed vectors of each frequency extracted from each
observed signal is multiplied by a temporary separation
matrix of the frequency to perform sound source separation,
and the separation matrix is then repeatedly updated by learn-
ing so that the statistical independency between signals pro-
duced through sound source separation is maximized. A tech-
nology in which the amount of calculation is reduced by
excluding (i.e., terminating learning of) frequencies, at which
a small change is made to the accuracy of separation in the
course of learning, from subsequent learning target frequen-
cies is described in Japanese Patent Application Publication.
No. 2006-84898.

However, FDICA requires a large-capacity storage unit
that stores the time series of observed vectors of each of the
plurality of frequencies. Although terminating the learning of
separation matrices of frequencies at which the accuracy of
separation undergoes little change reduces the amount of
calculation, the technology of Japanese Patent Application
Publication No. 2006-84898 requires a large-capacity storage
unit to store the time series of observed vectors for all fre-
quencies since learning of the separation matrix is performed
for every frequency when the learning is initiated.

SUMMARY OF THE INVENTION

In view of these circumstances, an object of the invention is
to reduce the capacity of storage required to generate (or
learn) separation matrices.

To achieve the above object, a signal processing device
according to the invention processes a plurality of observed
signals at a plurality of frequencies, the plurality of the
observed signals being produced by a plurality of sound
receiving devices which receive a mixture of a plurality of
sounds (such as voice or (non-vocal) noise). The inventive
signal processing device comprises: a storage unit that stores
observed data of the plurality of the observed signals, the
observed data representing a time series of magnitude (ampli-
tude or power) of each frequency in each of the plurality of the
observed signals; an index calculation unit that calculates an
index value from the observed data for each of the plurality of
the frequencies, the index value indicating significance of
learning of a separation matrix using the observed data of
each frequency, the separation matrix being used for separa-
tion of the plurality of the sounds; a frequency selection unit
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that selects at least one frequency from the plurality of the
frequencies according to the index value of each frequency
calculated by the index calculation unit; and a learning pro-
cessing unit that determines the separation matrix by learning
with a given initial separation matrix using the observed data
of the frequency selected by the frequency selection unit
among the plurality of the observed data stored in the storage
unit.

According to this configuration, observed data of unse-
lected frequencies is not subjected to learning by the learning
processing unit since learning of the separation matrix is
selectively performed only for frequencies at which the sig-
nificance or efficiency oflearning using observed data is high.
Accordingly, there is an advantage in that the capacity of the
storage unit required to generate the respective separation
matrices of the frequencies and the amount of processing
required for the learning processing unit are reduced.

Since the learning of the separation matrix is equivalent to
a process for specifying a number of independent bases as
same as the number of sound sources, the total number of
bases in a distribution of observed vectors, each including, as
elements, respective magnitudes of a corresponding fre-
quency in the plurality of observed signals is preferably used
as an index indicating the significance of learning using
observed data.

Therefore, in a preferred embodiment of the invention, the
index calculation unit calculates an index value representing
a total number of bases in a distribution of observed vectors
obtained from the observed data, each observed vector
including, as elements, respective magnitudes of a corre-
sponding frequency in the plurality of the observed signals,
and the frequency selection unit selects one or more fre-
quency at which the total number of the bases represented by
the index value is larger than total number of bases repre-
sented by index values at other frequencies.

For example, a determinant or a number of conditions of a
covariance matrix of the observed vector is preferably used as
the index value indicating the total number of bases. In a
configuration where the determinant of the covariance matrix
is used, the index calculation unit calculates a first determi-
nant corresponding to product of a first number of diagonal
elements (for example, n diagonal elements) among a plural-
ity of diagonal elements of a singular value matrix specified
through singular value decomposition of the covariance
matrix of the observed vectors, and a second determinant
corresponding to product of a second number of the diagonal
elements (for example, n-1 diagonal elements), which are
fewer in number than the first number of the diagonal ele-
ments, among the plurality of diagonal elements, and the
frequency selection unit sequentially performs frequency
selection using the first determinant and frequency selection
using the second determinant.

There is a tendency that the significance of learning using
observed data increases as independency between a plurality
of'observed signals increases (i.e., as the correlation therebe-
tween decreases). Therefore, in a preferred embodiment of
the invention, the index calculation unit calculates an index
value representing independency between the plurality of the
observed signals at each frequency, and the frequency selec-
tion unit selects one or more frequency at which the indepen-
dency represented by the index value is higher than indepen-
dencies calculated at other frequencies. For example, a
correlation between the plurality of the observed signals or an
amount of mutual information of the plurality of the observed
signals is preferably used as the index value of the indepen-
dency between the plurality of the observed signals.
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Taking into consideration a tendency that regions (bases) in
which observed vectors are distributed is more clearly speci-
fied as the trace (power) of the covariance matrix of the
observed vectors increases, it is preferable to employ a con-
figuration in which the frequency selection unit selects a
frequency at which the trace of the covariance matrix of the
plurality of observed signals is great. In addition, taking into
consideration a tendency that an observed signal includes a
greater number of sounds from a greater number of sound
sources as the kurtosis of a frequence distribution of the
magnitude of the observed signal decreases, it is preferable to
employ a configuration in which the frequency selection unit
selects a frequency at which the kurtosis of the frequence
distribution of the magnitude of the observed signal is lower
than kurtoses at other frequencies.

In a specific example configuration where an initial value
generation unit is provided for generating an initial separation
matrix for each of the plurality of the frequencies, the learning
processing unit generates the separation matrix of the fre-
quency selected by the frequency selection unit through
learning using the initial separation matrix of the selected
frequency as an initial value, and uses the initial separation
matrix of a frequency not selected by the frequency selection
unit as a separation matrix of the frequency that is not
selected. According to this configuration, it is possible to
easily prepare separation matrices of unselected frequencies.

However, when the initial separation matrix is not appro-
priate, there is a possibility that the accuracy of sound source
separation using the separation matrix is reduced. Therefore,
in a preferred embodiment of the invention, the signal pro-
cessing device further comprises a direction estimation unit
that estimates a direction of a sound source of each of the
plurality of the sounds from the separation matrix generated
by the learning processing unit; and a matrix supplementation
unit that generates a separation matrix of a frequency not
selected by the frequency selection unit from the direction
estimated by the direction estimation unit. In this configura-
tion, since the separation matrix of the unselected frequency
is generated (supplemented) from the separation matrix
learned by the learning processing unit, there is an advantage
in that accurate sound source separation is also achieved for
unselected frequencies.

However, it is difficult to accurately estimate the direction
of each sound source from the separation matrices of lower-
band-side frequencies or higher-band-side frequencies.

Accordingly, it is preferable to employ a configuration in
which the direction estimation unit estimates a direction of a
sound source of each of the plurality of the sounds from the
separation matrix that is generated by the learning processing
unit for a frequency excluding at least one of a frequency at
lower-band-side and a frequency at higher-band-side among
the plurality of the frequencies.

In a preferred embodiment of the invention, the index cal-
culation unit sequentially calculates, for each unit interval of
the sound signals, an index value of each of the plurality of the
frequencies, and the frequency selection unit comprises: a
first selection unit that sequentially determines, for each unit
interval, whether or not to select each of the plurality of the
frequencies according to an index value of the unit interval;
and a second selection unit that selects the at least one fre-
quency from results of the determination of the first selection
unit for a plurality of'unit intervals. In this embodiment, since
frequencies are selected from the results of the determination
of the first selection unit for a plurality of unit intervals,
whether or not to select frequencies is reliably determined
even when observed data changes (for example, when noise is
great), compared to the configuration in which frequencies
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are selected from the index value of only one unit interval.
Accordingly, there is an advantage in that the separation
matrix is accurately learned.

In a more preferred embodiment, the first selection unit
sequentially generates, for each unit interval, a numerical
value sequence indicating whether or not each of the plurality
of the frequencies is selected, and the second selection unit
selects the at least one frequency based on a weighted sum of
respective numerical value sequences of the plurality of the
unit intervals. In this embodiment, since frequencies are
selected from a weighted sum of respective numerical value
sequences of the plurality of unit intervals, there is an advan-
tage in that whether or not to select frequencies can be deter-
mined preferentially taking into consideration the index value
of a specific unit interval among the plurality of unit intervals
(i.e., preferentially taking into consideration the results of
determination of whether or not to select frequencies).

The signal processing device according to each of the
above embodiments may not only be implemented by hard-
ware (electronic circuitry) such as a Digital Signal Processor
(DSP) dedicated to audio processing but may also be imple-
mented through cooperation of a general arithmetic process-
ing unit such as a Central Processing Unit (CPU) with a
program.

A program is provided according to the invention for use in
a computer having a processor for processing a plurality of
observed signals at a plurality of frequencies, the plurality of
the observed signals being produced by a plurality of sound
receiving devices which receive a mixture of a plurality of
sounds, and a storage that stores observed data of the plurality
of'the observed signals, the observed data representing a time
series of magnitude of each frequency in each of the plurality
of the observed signals. The program is executed by the
processor to perform: an index calculation process for calcu-
lating an index value from the observed data for each of the
plurality of the frequencies, the index value indicating sig-
nificance of learning of a separation matrix using the
observed data of each frequency, the separation matrix being
used for separation of the plurality of the sounds; a frequency
selection process for selecting at least one frequency from the
plurality of the frequencies according to the index value of
each frequency calculated by the index calculation process;
and a learning process for determining the separation matrix
by learning with a given initial separation matrix using the
observed data of the frequency selected by the frequency
selection process among the plurality of the observed data
stored in the storage.

This program achieves the same operations and advantages
as those of the signal processing device according to the
invention. The program of the invention may be provided to a
user through a computer machine readable recording medium
storing the program and then installed on a computer and may
also be provided from a server device to a user through dis-
tribution over a communication network and then installed on
a computer.

BRIEF DESCRIPTION OF THE DRAWINGS

FIG. 1 is a block diagram of a signal processing device
according to a first embodiment of the invention.

FIG. 2 is a conceptual diagram illustrating details of
observed data.

FIG. 3 is a block diagram of a signal processing unit.

FIG. 4 is a block diagram of a separation matrix generator.

FIG. 5 is a block diagram of an index calculator.
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FIGS. 6(A) and 6(B) are a conceptual diagram illustrating
arelation between the determinant of a covariance matrix and
the total number of bases in a distribution of observed vectors.

FIG. 7 is a conceptual diagram illustrating the operation of
the separation matrix generator.

FIG. 8 is a diagram illustrating the advantages of the first
embodiment.

FIG. 9 is a flow chart of the operations of an index calcu-
lator and a frequency selector in a second embodiment.

FIGS. 10(A) and 10(8) are a conceptual diagram illustrat-
ing a relation between the trace of a covariance matrix and the
pattern of distribution of observed vectors.

FIG. 11 is a graph illustrating a relation between uncor-
rected kurtosis and weight.

FIG. 12 is a block diagram of a separation matrix generator
in a seventh embodiment.

FIG. 13 is a conceptual diagram illustrating the operation
of the separation matrix generator.

FIG. 14 is ablock diagram of a frequency selector in a ninth
embodiment.

FIG. 15 is a diagram illustrating the advantages of the ninth
embodiment.

DETAILED DESCRIPTION OF THE INVENTION

<A: First Embodiment>

FIG. 1 is a block diagram, of a signal processing device
associated with a first embodiment of the invention. An n
number of sound receiving devices M which are located at
intervals in a plane PL are connected to a signal processing
device 100, where n is a natural number equal to or greater
than 2. In the first embodiment, it is assumed that two sound
receiving devices M1 and M2 are connected to the signal
processing device 100 (i.e., n=2). An n number of sound
sources S (S1, S2) are provided at different positions around
the sound receiving device M1 and the sound receiving device
M2. The sound source S1 is located in a direction at an angle
of 61 with respect to the normal Ln to the plane PL and the
sound source S2 is located in a direction at an angle of 62
(82=201) with respect to the normal Ln.

A mixture of a sound SV1 emitted from the sound source
S1 and a sound SV2 emitted from the sound source S2 arrives
at the sound receiving device M1 and the sound receiving
device M2. The sound receiving device M1 and the sound
receiving device M2 are microphones that generate observed
signals V (V1, V2) representing a waveform of the mixture of
the sound SV1 from the sound source S1 and the sound SV2
from the sound source S2. The sound receiving device M1
generates the observed signal V1 and the sound receiving
device M2 generates the observed signal V2.

The signal processing device 100 performs a filtering pro-
cess (for sound source separation) on the observed signal V1
and the observed signal V2 to generate a separated signal U1
and a separated signal U2. The separated signal U1 is an audio
signal obtained by emphasizing the sound SV1 from the
sound source S1 (i.e., obtained by suppressing the sound SV2
from the sound source S2) and the separated signal U2 is an
audio signal obtained by emphasizing the sound SV2 from
the sound source S2 (i.e., obtained by suppressing the sound
SV1). That is, the signal processing device 100 performs
sound source separation to separate the sound SV1 of the
sound source S1 and the sound SV2 of the sound source S2
from each other (sound source separation).

The separated signal Ul and the separated signal U2 are
provided to a sound emitting device (for example, speakers or
headphones) to be reproduced as audio. This embodiment
may also employ a configuration in which only one of the
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6

separated signal U1 and the separated signal U2 is reproduced
(for example, a configuration in which the separated signal
U2 is discarded as noise). An A/D converter that converts the
observed signal V1 and the observed signal V2 into digital
signals and a D/A converter that converts the separated signal
U1 and the separated signal U2 into analog signals are not
illustrated for the sake of convenience.

As shown in FIG. 1, the signal processing device 100 is
implemented as a computer system including an Arithmetic
processing unit 12 and a storage unit 14. The storage unit 14
is a machine readable medium that stores a program and a
variety of data for generating the separated signal U1 and the
separated signal U2 from the observed signal V1 and the
observed Signal V2. A known machine readable recording
medium such as a semiconductor recording medium or a
magnetic recording medium is arbitrarily employed as the
storage unit 14.

The arithmetic processing unit 12 functions as a plurality
of components (for example, a frequency analyzer 22, a sig-
nal processing unit 24, a signal synthesizer 26, and a separa-
tion matrix generator 40) by executing the program stored in
the storage unit 14. This embodiment may also employ a
configuration in which an electronic circuit (DSP) dedicated
to processing observed signals V implements each of the
components of the arithmetic processing unit 12 or a configu-
ration in which each of the components of the arithmetic
processing unit 12 is mounted in a distributed manner on a
plurality of integrated circuits.

The frequency analyzer 22 calculates frequency spectrums
Q (i.e., a frequency spectrum Q1 of the observed signal V1
and a frequency spectrum Q2 of the observed signal V2) for
each of a plurality of frames into which the observed signals
V (V1, V2) are divided in time. For example, short-time
Fourier transform may be used to calculate each frequency
spectrum Q.

As shown in FIG. 2, the frequency spectrum Q1 of one
frame identified by a number (time) t is calculated as a set of
respective magnitudes x1(t, f1) to x1(t, fK) of K frequencies
f1 to K set on the frequency axis. Similarly, the frequency
spectrum Q2 is calculated as a set of respective magnitudes x2
(t, f1) to x2(t, fK) of the K frequencies f1 to fK.

The frequency analyzer 22 generates observed vectors X (t,
1) to X(t, fK) of each frame for the K frequencies 1 to {K. As
shown in FIG. 2, the observed vector X (t, k) of the frequency
fk of the kth number (k=1-K) is a vector whose elements are
the magnitude x1(t, fk) of the frequency fk in the frequency
spectrum Q1 and the magnitude x2(t, k) of the frequency tk
in the frequency spectrum Q2 of the common frame (i.e., X(t,
)=[x1(t, fk)*x2(t, £k)*17), where the symbol * denotes
complex conjugate and the symbol H denotes (Hermitian)
matrix transposition. The observed vectors X (1, f1) to X(t,
fK) that the frequency analyzer 22 generates for each frame
are stored in the storage unit 14.

The observed vectors X (t, f1) to X(t, fK) stored in the
storage unit 14 are divided into observed data D(f1) to D(K)
of unit intervals TU, each including a predetermined number
of (for example, 50) frames as shown in FIG. 2. The observed
data D(fk) of the frequency fk is a time series of the observed
vector X (t, k) of the frequency fk calculated for each frame
of the unit interval TU.

The signal processing unit 24 of FIG. 1 sequentially gen-
erates a magnitude ul(t, fk) and a magnitude u2(t, fk) for each
frame by performing a filtering process (or sound source
separation) on the magnitude x1(t, tk) and the magnitude
x2(t, tk) calculated by the frequency analyzer 22. The signal
synthesizer 26 converts the magnitudes ul(t, f1) to ul(t, {K)
generated by the signal processing unit 24 into a time-domain
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signal and connects adjacent frames to generate a separated
signal Ul. In similar manner, the signal synthesizer 26 con-
verts the magnitudes u2(t, f1) to u2(t, fK) into a time-domain
signal and connects adjacent frames to generate a separated
signal U2.

FIG. 3 is a block diagram of the signal processing unit 24.
As shown in FIG. 3, the signal processing unit 24 includes K
processing units P1 to PK corresponding respectively to the K
frequencies f1 to fK. The processing unit Pk corresponding to
the frequency fk includes a filter 32 that generates the mag-
nitude ul(t, fk) from the magnitude x1(t, tk) and the magni-
tude x2(t, fk) and a filter 34 that generates the magnitude u2(t,
fk) from the magnitude x1(t, tk) and the magnitude x2(t, tk).

A Delay-Sum (DS) type beam-former is used for each of
the filter 32 and the filter 34. Specifically, as defined in Equa-
tion (la), the filter 32 of the processing unit Pk includes a
delay element 321 that adds delay according to a coefficient
w11(fk) to the magnitude x1(t, k), a delay element 323 that
adds delay according to a coefficient w21(fk) to the magni-
tude x2(t, tk), and an adder 325 that sums an output of the
delay element 321 and an output of the delay element 323 to
generate the magnitude ul(t, fk) of the separated signal U1.
Similarly, as defined in Equation (1b), the filter 34 of the
processing unit Pk includes a delay element 341 that adds
delay according to a coefficient w12(tk) to the magnitude
x1(t, fk), a delay element 343 that adds delay according to a
coefficient w22(fk) to the magnitude x2(t, k), and an adder
345 that sums an output of the delay element 341 and an
output of the delay element 343 to generate the magnitude
u2(t, fk) of the separated signal U2.

ul @ fJO)=wl1(ff)x1(tfF)+w21 (k) x2(t /&) (la)

U2 (A=Wl 2(7) 1 (2 A+ w22 () %22 /&)

The separation matrix generator 40 shown in FIGS. 1 and
3 generates separation matrices W(f1) to W(fK) used by the
signal processing unit 24. The separation matrix W(fk) of the
frequency fk is a matrix of 2 rows and 2 columns (n rows and
n columns in general form) whose elements are the coeffi-
cients wl1(fk) and w21(tk) applied to the filter 32 of the
processing unit Pk and the coefficients w12(tk) and w22(fk)
applied to the filter 34 of the processing unit Pk. The separa-
tion matrix generator 40 generates the separation matrix
W(1tk) from the observed data D(fk) stored in the storage unit
14. That is, the separation matrix W(fk) is generated in each
unit interval TU for each of the K frequencies f1 to K.

FIG. 4 is a block diagram of the separation matrix genera-
tor 40. As shown in FIG. 4, the separation matrix generator 40
includes an initial value generator 42, a learning processing
unit 44, an index calculator 52, and a frequency selector 54.
The initial value generator 42 generates respective initial
separation matrices WO(f1) to WO({K) for the K frequencies
f1 to K. The initial separation matrix W0(fk) corresponding
to the frequency fk is generated for each unit interval TU
using the observed data D(fk) stored in the storage unit 14.
Any known technology is used to generate the initial separa-
tion matrices WO(f1) to WO(1K).

For example, to specify the initial separation matrices
WO(f1) to WO(fK), this embodiment preferably uses a partial
space method such as second-order static ICA or main com-
ponent analysis described in K. Tachibana, et al., “Efficient
Blind Source Separation Combining Closed-Form Second-
Order ICA and Non-Closed-Form Higher-Order ICA,” Inter-
national Conference on Acoustics, Speech, and Signal Pro-
cessing (ICASSP), Vol. 1, pp. 45-48, April 2007 or an
adaptive beam-former described in Patent No. 3949074. This
embodiment may also employ a method in which the initial
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separation matrices WO(f1) to WO(fK) are specified using a
variety of beam-formers (for example, adaptive beam-form-
ers) from the directions of sound sources S estimated using a
minimum variance method, or a multiple signal classification
(MUSIC) method or the initial separation matrices WO(f1) to
WO(K) are specified from canonical vectors specified using
canonical correlation analysis or a factor vector specified
using factor analysis.

The learning processing unit 44 of FIG. 4 generates sepa-
ration matrices W(tk) (W(fl) to W(fK)) by performing
sequential learning on each of the K frequencies f1 to fK
using the initial separation matrix WO0(fk) as an initial value.
The observed data D(fk) of the frequency fk stored in the
storage unit 14 is used to learn the separation matrix W(fk).
For example, an independent component analysis (for
example, high-order ICA) scheme in which the separation
matrix W(fk) is repeatedly updated so that the separated
signal Ul (which is a time series of the magnitude ul in
Equation (1a)) and the separated signal U2 (which is a time
series of the magnitude u2 in Equation (1b)), which are sepa-
rated from the observed data D(fk) using the separation
matrix W({k), are statistically independent of each other is
preferably used to generate the separation matrix W(fk).

However, there is a possibility that the number of arith-
metic operations required to calculate the final separation
matrices W(fl) to W(fK), the capacity of the storage unit 14
required to store data created orused in the course of learning,
and the like are excessive in the configuration in which the
learning processing unit 44 performs learning of the separa-
tion matrices W(fl) to W(fK) for the K frequencies f1 to fK.
Thus, in the first embodiment, the learning processing unit 44
performs learning of the separation matrix W(fk) using the
observed data D(fk) for one or more frequencies fk, in which
the significance and efficiency of learning of the separation
matrix W(fk) using the observed data D(fk) is high (i.e., the
degree of improvement of the accuracy of sound source sepa-
ration through learning of the separation matrix W(tk), com-
pared to when the initial separation matrix WO0(fk) is used, is
high), among the K frequencies f1 to fK.

The index calculator 52 of FIG. 4 calculates an index value
that is used as a reference for selecting the frequencies (k).
The index calculator 52 of the first embodiment calculates a
determinant z1(tk) (z1(f1) to zZ1(fK)) of a covariance matrix
Rxx(tk) of the observed data D(fk) (i.e., of the observed
signal V1 and the observed signal V2) for each of the K
frequencies f1 to fK. As shown in FIG. 5, the index calculator
52 includes a covariance matrix calculator 522 and a deter-
minant calculator 524.

The covariance matrix calculator 522 calculates a covari-
ance matrix Rxx(fk) (Rxx(fl) to Rxx(fK)) of the observed
data D(fk) for each of the K frequencies f1 to {K. The cova-
riance matrix Rxx(fk) is a matrix whose elements are cova-
riances of the observed vectors X(t, tk) in the observed data
D(fk) (in the unit interval TU). Thus, the covariance matrix
Rxx(k) is defined, for example, using the following Equation
(2). Here, it is assumed that the sum of observed vectors X(t,
k) of all frames in the unit interval TU is a zero matrix (i.e.,
zero average) as represented by the following Equation (3).

Rxx(fk) = E[X(t, floX(, flof'] @
=Z_{X@ HX@ HY)
E[X(, O] = [E[xL(, fOlED2G, il =[0 0¥ 3
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The symbol E in Equations (2) and (3) denotes the expec-
tation (or sum) and the symbol X_(t) denotes the sum (or
average) over a plurality of (for example, 50) frames in the
unit interval TU. That is, the covariance matrix Rxx(fk) is a
matrix of n rows and n columns obtained by summing the
products ofthe observed vectors X(t, fk) and the transposes of
the observed vectors X(t, fk) over a plurality of observed
vectors X(t, fk) in the unit interval TU (i.e., in the observed
data D(fk)).

The determinant calculator 524 calculates respective deter-
minants z1(fk) (z1(f1) to z1({K)) for the K covariance matri-
ces Rxx(f1) to Rxx(fK) calculated by the covariance matrix
calculator 522. Although any known method may be used to
calculate each determinant z1(fk), this embodiment prefer-
ably employs, for example, the following method using sin-
gular value decomposition of the covariance matrix Rxx(tk).

Each covariance matrix Rxx(fk) is singular-value-decom-
posed as represented by the following Equation (4). A matrix
F in Equation (4) is an orthogonal matrix of n rows and n
columns (2 rows and 2 columns in this embodiment) and a
matrix D is a singular value matrix of n rows and n columns in
which all elements other than diagonal elements d1, . . ., dn
are zero.

Rxx(fk)=FDF? @

Accordingly, the determinant z1(fk) of the covariance
matrix Rxx(fk) is represented by the following Equation (5).
A relation (FZF=I) that the product of the transpose FZ of a
matrix F and the matrix F is an n-order unit matrix and a
relation that the determinant det (AB) of a matrix AB is equal
to the determinant det (BA) of a matrix BA are used to derive
Equation (5).

21(fk) = det(Rxx(fk)) ®

= det(FDF)
=det(D)

=dl-d2- ... -dn

Asisunderstood from Equation (5), the determinant z1(fk)
of the covariance matrix Rxx(fk) corresponds to the product
of'the n diagonal elements (d1, . . ., dn) of the singular value
matrix D specified through singular value decomposition of
the covariance matrix Rxx(fk). The determinant calculator
524 calculates determinants z1(f1) to z1(fK) by performing
the calculation of Equation (5) for each of the K frequencies
1 to fK.

FIGS. 6(A) and 6(B) are scatter diagrams of observed
vectors X (t, fk) in aunit interval TU. Here, the horizontal axis
represents the magnitude x1(t, fk) and the vertical axis rep-
resents the magnitude x2(t, tk). FIG. 6(A) is a scatter diagram
when the determinant z1(tk) is great and FIG. 6(B) is a scatter
diagram when the determinant z1(fk) is small.

As shown in FIG. 6(A), an axis line (basis) of a region in
which the observed vectors X(t, fk) are distributed is clearly
discriminated for each sound source S when the determinant
z1(fk) of the covariance matrix Rxx(fk) is great. Specifically,
a region Al in which observed vectors X(t, tk), where the
sound SV1 from the sound source S1 is dominant, are dis-
tributed along an axis line a1 and a region A2 in which
observed vectors X(t, tk), where the sound SV2 from the
sound source S2 is dominant, are distributed along an axis line
a2 are clearly discriminated. On the other hand, when the
determinant z1(fk) of the covariance matrix Rxx(fk) is small,
the number of regions (or the number of axis lines) in which
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observed vectors X(t, fk) are distributed, which can be clearly
discriminated in a scatter diagram, is less than the total num-
ber of actual sound sources S. For example, a definite region
A2 (axis line a2) corresponding to the sound SV2 from the
sound source S2 is not present as shown in FIG. 6(B).

As is understood from the above tendency, the determinant
z1(fk) of the covariance matrix Rxx(fk) serves as an index
indicating the total number of bases of distributions of
observed vectors X(t, tk) included in the observed data D(fk)
(i.e., the total number of axis lines of regions in which the
observed vectors X(t, k) are distributed). That is, there is a
tendency that the number of bases of a frequency fk increases
as the determinant z1(fk) of the frequency fk increases. Only
one independent basis is present at a frequency tk at which the
determinant z1(fk) is zero.

Since independent component analysis applied to learning
of the separation matrix W(fk) through the learning process-
ing unit 44 is equivalent to a process for specitying the num-
ber of independent bases as same as the number of sound
sources S, it can be considered that the significance of learn-
ing of observed data D(fk) (i.e., the degree of improvement of
the accuracy of sound source separation through learning of
the separation matrix W(fk)) is small at a frequency fk, at
which the determinant z1(fk) of the covariance matrix Rxx
(fk) is small, among the K frequencies f1 to fK. That is, even
when the separation matrix W(fk) is generated through learn-
ing, by the learning processing unit 44, of only frequencies tk
atwhich the determinant z1(fk) is large among the K frequen-
cies f1 to fK (i.e., when, for example, the initial separation
matrix WO(fk) is used as the separation matrix W(fk) without
learning at each frequency fk at which the determinant z1(fk)
is small), it is possible to perform sound source separation
with almost the same accuracy as when the separation matri-
ces W(fl) to W(IK) are specified through learning of all
observed data D(f1) to D(fK) of the K frequencies f1 to {K.
Thus, it is possible to use the determinant z1(fk) as an index
value of the significance of learning of the separation matrix
W(1tk) using the observed data D(fk) of the frequency fk.

Taking into consideration the above tendency, the fre-
quency selector 54 of FIG. 4 selects one or more frequencies
fk at which the determinant z1(fk) calculated by the index
calculator 52 is large from the K frequencies f1 to fK. For
example, the frequency selector 54 selects, from the K fre-
quencies 1 to fK, a predetermined number of frequencies fk,
which are located at higher positions when the K frequencies
f1 to {K are arranged in descending order of the determinants
z1(f1) to Z1(K) (i.e., in decreasing order of the determinants),
or selects one or more frequencies fk whose determinant
z1(fk) is greater than a predetermined threshold from the K
frequencies f1 to K.

FIG. 7 is a conceptual diagram illustrating a relation
between selection through the frequency selector 54 and
learning through the learning processing unit 44. As shown in
FIG. 7, for each frequency fk (f1, £2, fK-1 in FIG. 7) selected
by the frequency selector 54, the learning processing unit 44
generates the separation matrix W(fk) by sequentially updat-
ing the initial separation matrix WO(fk) using the observed
data D(fk) of the frequency fk. On the other hand, for each
frequency tk (f3, K in FIG. 7) unselected by the frequency
selector 54, the initial separation matrix WO(fk) specified by
the initial value generator 42 is set as the separation matrix
W(tk) without learning in the signal processing unit 24.

In this embodiment, it is not necessary for the observed
data D (k) of the frequencies fk unselected by the frequency
selector 54 to generate the separation matrices W(fl) to
W(IK) (i.e., to perform learning through the learning process-
ing unit 44) since learning of the separation matrix W(fk) is



US 9,123,348 B2

11

selectively performed only for frequencies fk at which the
significance of learning using the observed data D(fk) is high.
Accordingly, this embodiment has advantages in that the
capacity of the storage unit 14 required to generate the sepa-
ration matrices W(fl) to W(tK) is reduced and the load of
processing through the learning processing unit 44 is also
reduced.

FIG. 8 illustrates a relation between the number of frequen-
cies fk that are subjected to learning by the learning process-
ing unit 44 (when the total number of K frequencies is 512),
Noise Reduction Rate (NRR), and the required capacity of the
storage unit 14. The capacity of the storage unit 14 is
expressed, assuming that the capacity required for learning
using the observed data D(fk) of all frequencies (f1-512) is
100%. The NRR is the difference between the ratio
SNR_OUT of the magnitude of the sound SV1 to the magni-
tude of the sound SV2 in the separated signal U1, which is an
SN ratio when the sound SV1 is a target sound and the sound
SV2 is noise, and the ratio SNR_IN of the magnitude of the
sound SV1 to the magnitude of the sound SV2 in the observed
signal V1 (i.e., NRR=SNR_OUT-SNR_IN). Accordingly,
the accuracy of sound source separation increases as the NRR
increases.

As is understood from FIG. 8, the ratio of change of the
capacity of the storage unit 14 to change of the number of
frequencies fk that are subjected to learning is sufficiently
high, compared to the ratio of change of the NRR to change of
the number of frequencies tk. For example, when the number
of frequencies fk that are subjected to learning is changed
from 512 to 50, the NRR is reduced by about 20%
(14.37->11.5) while the capacity of the storage unit 14 is
reduced by about 90%. That is, according to the first embodi-
ment in which learning is performed only for frequencies fk
that the frequency selector 54 selects from the K frequencies
fl to fK, it is possible to efficiently reduce the capacity
required for the storage unit 14 (together with the amount of
processing through the arithmetic processing unit 12) while
maintaining the NRR above a desired level (i.e., preventing a
serious reduction in NRR). These advantages are effective
especially when the signal processing device 100 is mounted
in a portable electronic device (for example, a mobile phone)
in which the performance of the arithmetic processing unit 12
and the available capacity of the storage unit 14 are restricted.

<B: Second Embodiment>

The following is a description of a second embodiment of
the invention. While two sound receiving devices M (sound
receiving device M1 and M2) are used in the first embodi-
ment, the second embodiment will be described with refer-
ence to the case where three or more sound receiving devices
M are used to separate sounds from three or more sound
sources (i.e., n=3). In each of the following embodiments,
elements with the same operations or functions as those of the
first embodiment are denoted by the same reference numerals
or symbols and a detailed description thereof is omitted as
appropriate.

FIG. 9 is a flow chart of the operations of the index calcu-
lator 52 and the frequency selector 54. The procedure of FIG.
9 is performed for each unit interval TU. First, the index
calculator 52 initializes a variable N to n which is the total
number of sound receiving devices M (i.e., the total number
of sound sources S that are subjected to sound source sepa-
ration) (step S1), and then calculates determinants z1(f1) to
7z1(fK) (step S2). As described above with reference to Equa-
tion (5), the determinant z1(fk) is calculated as the product of
N diagonal elements (n diagonal elements d1, d2, . . ., dn at
the present step) of the singular value matrix D of the cova-
riance matrix Rxx(fk).
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The frequency selector 54 selects one or more frequencies
fk at which the determinant z1(fk) that the index calculator 52
calculates at step S2 is great (step S3). For example, similar to
the first embodiment, this embodiment preferably employs a
configuration in which the frequency selector 54 selects, from
the K frequencies f1 to K, a predetermined number of fre-
quencies tk, which are located at higher positions when the K
frequencies f1 to fK are arranged in descending order of the
determinants z1(f1) to zZ1(fK), or a configuration in which the
frequency selector 54 selects one or more frequencies tk
whose determinant z1(fk) is greater than a predetermined
threshold from the K frequencies f1 to fK. The frequency
selector 54 determines whether or not the number of selected
frequencies fk has reached a predetermined value (step S4).
The procedure of FIG. 9 is terminated when the number of
selected frequencies fk is equal to or greater than the prede-
termined value (YES at step S4).

When the number of selected frequencies fk is less than the
predetermined value (NO at step S4), the index calculator 52
subtracts 1 from the variable N (step S5) and calculates deter-
minants z1(f1) to z1(fK) corresponding to the changed vari-
able N (step S2). That is, the index calculator 52 calculates the
determinant z1(fk) after removing one diagonal element from
the n diagonal elements of the singular value matrix D of the
covariance matrix Rxx(tk). The frequency selector 54 selects
a frequency tk, which does not overlap the previously
selected frequencies fk, using determinants z1(f1) to z1(fK)
newly calculated at step S1 (step S3).

As described above, until the total number of frequencies
fk selected at step S3 of each round reaches the predetermined
value (YES at step S4), the index calculator 52 and frequency
selector 54 repeat the calculation of the determinant z1(fk)
(step S2) and the selection of the frequency fk (step S3) while
sequentially decrementing (the variable N indicating) the
number of diagonal elements used to calculate the determi-
nant z1(fk) among then diagonal elements of the singular
value matrix D of the covariance matrix Rxx(fk). The process
for reducing the number of diagonal elements of the singular
value matrix D (step S5) is equivalent to the process for
removing one basis in the distribution of the observed vectors
X(t, k).

In this embodiment, the determinants z1(f1) to z1(fK)
which are indicative of selection of frequencies fk is calcu-
lated while sequentially removing bases in the distribution of
the observed vectors X(t, fk). Accordingly, it is possible to
accurately select frequencies fk at which the significance of
learning using the observed data D is high, when compared to
the case where frequencies fk are selected using determinants
z1(f1) to z1(fK) calculated as the product of n diagonal ele-
ments of the singular value matrix D.

<Specific Example of Index Value of Significance of
Learning>

A numerical value (statistic) described as an example in the
following third to sixth embodiments, instead of the determi-
nant 7z1(fk) of the covariance matrix Rxx(fk) in the first and
second embodiments, is used as an index value of the signifi-
cance of learning using the observed data D(fk).

<C: Third Embodiment>

The number of conditions z2(fk) of the covariance matrix
Rxx(fk) of the observed vectors X(t, fk) included in the
observed data D(fk) is defined by the following Equation (6).
An operator ||A|| in Equation (6) represents a norm of a matrix
A (i.e., the distance of the matrix). The number of conditions
72(fk) is a numerical value which is small when an inverse
matrix exists for the covariance matrix Rxx(tk) (i.e., when the
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covariance matrix Rxx(fk) is nonsingular) and which is large
when no inverse matrix exists for the covariance matrix Rxx
(tk).

220~ R ()| |Rxx ()| Q)

The covariance matrix Rxx(fk) is decomposed into eigen-
values as represented by the following Equation (7a). In
Equation (7a), a matrix U is an eigenmatrix, whose elements
are eigenvectors and a matrix Z is a matrix in which eigen-
values are arranged in diagonal elements. An inverse matrix
of the covariance matrix Rxx(fk) is represented by the fol-
lowing Equation (7b) obtained by rearranging Equation (7a).

Rox(fy=USU? (7a)

Rox(fy '=Uz 1A (7b)

In the case where the elements of the matrix X include zero,
there is no inverse matrix of the covariance matrix Rxx(fk)
(i.e., the number of conditions z2(fk) of Equation (6) has a
large value) since the matrix X~* diverges to infinity. On the
other hand, when the elements of the matrix E (i.e., the eigen-
values of the covariance matrix Rxx(fk)) include a value close
to zero, this indicates that the total number of bases in the
distribution of the observed Vectors X(t, k) is small. Accord-
ingly, we can determine that there is a tendency that the
number of conditions z2(fk) of the covariance matrix Rxx(fk)
increases as the total number of bases of the observed vectors
X(t, k) decreases (i.e., the number of conditions z2(fk)
decreases as the total number of bases increases). That is, the
number of conditions z2(fk) of the covariance matrix Rxx(fk)
serves as an index of the total number of bases of the observed
vectors X(t, k), similar to the determinant z1(fk).

Taking into consideration the above tendencies, in the third
embodiment, the number of conditions z2(fk) of the covari-
ance matrix Rxx(fk) is used to select frequencies tk. Specifi-
cally, the index calculator 52 calculates the numbers of con-
ditions 72(tk) (z2(f1) to z2(fK)) by performing the
calculation of Equation (6) on respective covariance matrices
Rxx(tk) of the K frequencies f1 to fK. The frequency selector
54 selects one or more frequencies fk at which the number of
conditions 72(fk) calculated by the index calculator 52 is
small. For example, the frequency selector 54 selects, from
the K frequencies f1 to K, a predetermined number of fre-
quencies tk, which are located at higher positions when the K
frequencies fl1 to fK are arranged in ascending order of the
numbers of conditions z2(fl) to z2(fK) (i.e., in increasing
order thereof), or selects one or more frequencies tk whose
number of conditions z2(fk) is less than a predetermined
threshold from the K frequencies f1 to fK. The operations of
the initial value generator 42 and the learning processing unit
44 are similar to those of the first embodiment.

<D: Fourth Embodiment>

It can be considered that the significance of learning of the
separation matrix W(fk) using the observed data D(fk) of a
frequency fk increases as the statistical correlation between a
time series of the magnitude x1(t, k) of the observed signal
V1 and atime series of the magnitude x2(t, fk) of the observed
signal V2 decreases, since the separation matrix W(fk) is
learned such that the separated signal U1 and the separated
signal U2 obtained through sound source separation of the
observed data D(fk) are statistically independent of each
other. Therefore, in the fourth embodiment, an index value
(correlation or amount of mutual information) corresponding
to the degree of independency between the observed signal
V1 and the observed signal V2 is used to select frequencies fk.

A correlation z3(fk) between the component of the fre-
quency tk of the observed signal V1 and the component of the
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frequency fk of the observed signal V2 is represented by the
following Equation (8). In Equation (8), a symbol E denotes
the sum (or average) over a plurality of frames in the unit
interval TU. A symbol o1 denotes a standard deviation of the
magnitude x1(t, fk) in the unit interval TU and a symbol o2
denotes a standard deviation of the magnitude x2(t, fk) in the
unit interval TU.

23(R)=E[x1M)-E1(1/0) {x2(1/k)-Ex2 (&)}

olo2

®)

As is understood from Equation (8), the value of the cor-
relation z3(fk) of a frequency tk decreases as the degree of
independency between the observed signal V1 and the
observed signal V2 of the frequency fk increases (i.e., as the
correlation therebetween decreases). Taking into consider-
ation these tendencies, in the fourth embodiment, the index
calculator 52 calculates the correlations z3(fk) (z3(fl1) to
z3(fK)) by performing the calculation of Equation (8) for
each of the K frequencies f1 to K, and the frequency selector
54 selects one or more frequencies fk at which the correlation
z3(fk) is low from the K frequencies f1 to {K. For example,
the frequency selector 54 selects, from the K frequencies f1 to
fK, a predetermined number of frequencies fk, which are
located at higher positions when the K frequencies f1 to {K
are arranged in ascending order of the correlations z3(f1) to
z3(fK), or selects one or more frequencies fk whose correla-
tion z3(fk) is less than a predetermined threshold from the K
frequencies f1 to fK. The operations of the initial value gen-
erator 42 and the learning processing unit 44 are similar to
those of the first embodiment.

This embodiment preferably employs a configuration in
which frequencies fk are selected using the amount of mutual
information z4(fk) defined by the following Equation (9)
instead of the correlation z3(fk). The value of the amount of
mutual information z4(fk) of a frequency tk decreases as the
degree of independency between the observed signal V1 and
the observed signal V2 increases (i.e., as the correlation ther-
ebetween decreases), similar to the correlation z3. Accord-
ingly, the frequency selector 54 selects one or more frequen-
cies fk at which the amount of mutual information z4(fk) is
low from the K frequencies f1 to K.

24()=(-¥2)log(1-23(f&))

<E: Fifth Embodiment>

A trace 75 (power) of the covariance matrix Rxx(fk) is
defined as the total sum of diagonal elements of the covari-
ance matrix Rxx(fk). Since the diagonal elements of the cova-
riance matrix Rxx(fk) correspond to the variance o1? of the
magnitude x1(t, fk) of the observed signal V1 in the unit
interval TU and the variance 022 of the magnitude x2(t, fk) of
the observed signal V2 in the unit interval TU, the trace z5(fk)
of'the covariance matrix Rxx(fk) is also defined as the sum of
the variance o1° of the magnitude x1(t, fk) and the variance
02? of the magnitude x2(t, k) (i.e., z5(fk)=01%*+02%).

FIGS. 10(A) and 10(B) are scatter diagrams of observed
vectors X(t, k) in a unit interval TU. FIG. 10(A) is a scatter
diagram when the trace z5(fk) is great and FIG. 10(B) is a
scatter diagram when the trace z5(fk) is small. Similar to
FIGS. 6(A) and 6(B), FIGS. 10(A) and 10(B) schematically
show aregion Al in which observed vectors X(t, tk) where the
sound SV1 from the sound source S1 is dominant are distrib-
uted and a region A2 in which observed vectors X(t, fk) where
the sound SV2 from the sound source S2 is dominant are
distributed.

The width of the distribution of the observed vectors X(t,
fk) increases as the trace z5(fk) of the covariance matrix
Rxx(fk) increases as is also understood from the fact that the

©
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trace z5(fk) is defined as the sum of the variance o1 of the
magnitude x1(t, fk) and the variance 02* of the magnitude
x2(t, fk). Accordingly, there is a tendency that, when the trace
75(1k) of the covariance matrix Rxx(fk) is large, regions (i.e.,
the regions Al and A2) in which the observed vector X(t, k)
are distributed are clearly discriminated for each sound
source S as shown in FIG. 10(A) and, when the trace z5(fk) is
small, the regions Al and A2 are poorly discriminated as
shown in FIG. 10(B). That is, the trace z5(fk) serves as an
index value of the pattern (width) of the region in which the
observed vectors X(t, fk) are distributed.

Since learning (i.e., independent component analysis) of
the separation matrix W(fk) through the learning processing
unit 44 is equivalent to a process for specifying the same
number of independent bases as the number of sound sources
5, it can be considered that the significance of learning of the
separation matrix W(fk) using the observed data D(fk) at a
frequency increases as the regions in which the observed
vectors X(t, fk) are distributed are more clearly discriminated
for each sound source S at the frequency fk (i.e., the trace
75(1k) of the frequency increases).

Taking into consideration these tendencies, in the fifth
embodiment, the traces z5(f1) to z5(fK) of the covariance
matrices Rxx(f1) to Rxx(fK) are used to select frequencies tk.
Specifically, the index calculator 52 calculates traces z5(fk)
(z5(f1) to z5(fK)) by summing the diagonal elements of the
covariance matrix Rxx(fk) of each of the K frequencies f1 to
fK. The frequency selector 54 selects one or more frequencies
fk at which the trace z5(fk) calculated by the index calculator
52 is large. For example, the frequency selector 54 selects,
from the K frequencies 1 to fK, a predetermined number of
frequencies fk, which are located at higher positions when the
K frequencies f1 to {K are arranged in descending order of the
traces z5(f1) to z5(fK), or selects one or more frequencies fk
whose trace z5(fk) is greater than a predetermined threshold
from the K frequencies f1 to K. The operations of the initial
value generator 42 and the learning processing unit 44 are
similar to those of the first embodiment.

<F: Sixth Embodiment>

The kurtosis z6(fk) of a frequence distribution of the mag-
nitude x1(t, tk) of the observed signal V1 is defined by the
following Equation (10), where the frequence distribution is
a distribution function whose random variable is the magni-
tude x1(t, fk).

26()=pA (I {L2(k) )

In Equation (10), the symbol pd(fk) denotes a 4th-order
central moment defined by Equation (11a) and the symbol
n2(fk) denotes a 2nd-order central moment defined by Equa-
tion (11b). In Equations (11a) and (11b), a symbol m(fk)
denotes the average of the magnitudes x1(t, fk) of a plurality
of frames in a unit interval TU.

10)

pA{)=E{x1 @ f-m(fk)}* (11a)

H2(A)=E{x1 (6 f)-m(f)}

The kurtosis z6(tk) has a large value when only one of the
sound SV1 of the sound source S1 and the sound SV2 of the
sound source S2 is included (or dominant) in the elements of
the frequency (fk) of the observed signal V1, and has a small
value when both the sound SV1 of the sound source S1 and
the sound SV2 of the sound source S2 are included with
approximately equal magnitude in the elements of the fre-
quency (fk) of the observed signal V1 (central limit theorem).
Since learning (i.e., independent component analysis) of the
separation matrix W(1k) through the learning processing unit
44 is equivalent to a process for specifying the same number

(11b)
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of'independent bases as the number of sound sources S, it can
be considered that the significance of learning of the separa-
tion matrix W(fk) of a frequency fk using the observed data
D(fk) increases as the number of sound sources S of the sound
SV at the frequency tk, which are included with meaningful
volume in the observed signal V1, increases (i.e., as the kur-
tosis z6 of the frequency fk decreases).

Taking into consideration these tendencies, in the sixth
embodiment, the kurtoses z6(fk) (z6(f1) to z6(fK)) of the
frequence distribution of the magnitude x(t, fk) of the
observed signal V1 are used to select frequencies tk. Specifi-
cally, the index calculator 52 calculates kurtoses z6(fk) (z6
(f1) to z6(fK)) by performing the calculation of Equation (10)
for each of'the K frequencies f1 to fK. The frequency selector
54 selects one or more frequencies fk at which the kurtosis
z6(fk) is small from the K frequencies f1 to fK. For example,
the frequency selector 54 selects, from the K frequencies f1 to
fK, a predetermined number of frequencies fk, which are
located at higher positions when the K frequencies f1 to {K
are arranged in ascending order of the kurtoses z6(fl) to
z6(fK), or selects one or more frequencies tk whose kurtosis
z6(fk) is less than a predetermined threshold from the K
frequencies f1 to fK. The operations of the initial value gen-
erator 42 and the learning processing unit 44 are similar to
those of the first embodiment.

The value of kurtosis of human vocal sound is within a
range from about 40 to 70. When the fact that kurtosis is low
in environments with noise (central limit theorem), measure-
ment errors of kurtosis, and the like are taken into consider-
ation, the kurtosis o human vocal sound is included in arange
from about 20 to 80, which will hereinafter be referred to as a
“vocal range”. A, frequency fk at which only normal noise
such as air conditioner operating noise or crowd noise is
present is highly likely to be selected by the frequency selec-
tor 54 since the kurtosis of the observed signal V1 has a
sufficiently low value (for example, a value less than 20).
However, it can be considered that the significance of learning
of the separation matrix W using the observed data D(fk) of
the frequency fk of normal noise is low if the target sounds of
sound source separation (SV1 and SV2) are human vocal
sounds.

Thus, this embodiment preferably employs a configuration
in which the kurtosis of Equation (10) is corrected so that
frequencies fk of normal noise are excluded from frequencies
to be selected by the frequency selector 54. For example, the
index calculator 52 calculates, as the corrected kurtosis
z6(fk), the product of the value defined by Equation (10),
which will hereinafter be referred to as “uncorrected kurto-
sis”, and a weight q. For example, the weight q is selected
nonlinearly with respect to the uncorrected kurtosis as illus-
trated in FIG. 11. That is, when the uncorrected kurtosis is
within a range less than the lower limit (for example, 20) of
the vocal range, the weight q is selected variably according to
the uncorrected kurtosis so that the kurtosis z6(fk) corrected
through multiplication by the weight q exceeds the upper
limit (for example, 80) of the vocal range. On the other hand,
when the uncorrected kurtosis is within the vocal range, the
weight q is set to a predetermined value (for example, 1). In
addition, when the uncorrected kurtosis is greater than the
upper limit of the vocal range, the weight q is set to the same
predetermined value as when the uncorrected kurtosis is
within the vocal range since the uncorrected kurtosis is suf-
ficiently high (i.e., since the frequency fk is less likely to be
selected). According to the above configurations, itis possible
to generate a separation matrix W(fk) which can accurately
separate a desired sound.
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<G: Seventh Embodiment>

In each of the above embodiments, for each frequency not
selected by the frequency selector 54, which will also be
referred to as an “unselected frequency”, the initial separation
matrix WO(fk) specified by the initial value generator 42 is
applied as the separation matrix W(tk) to the signal process-
ing unit 24. In the seventh embodiment described below, the
separation matrix W(fk) of the unselected frequency fk is
generated (or supplemented) using the separation matrix
W(1tk) learned by the learning processing unit 44.

FIG. 12 is a block diagram of a separation matrix generator
40 in a signal processing device 100 of the seventh embodi-
ment, and FIG. 13 is a conceptual diagram illustrating a
procedure performed by the separation matrix generator 40.
As shown in FIG. 12, the separation matrix generator 40 of
the seventh embodiment includes a direction estimator 72 and
a matrix supplementation unit 74 in addition to the compo-
nents of the separation matrix generator 40 of the first
embodiment.

The separation matrix W(fk) that the learning processing
unit 44 learns for each frequency tk selected by the frequency
selector 54 is provided to the direction estimator 72. The
direction estimator 72 estimates a direction 01 of the sound
source S1 and a direction 02 of the sound source S2 from each
learned separation matrix W(fk). For example, the following
methods are preferably used to estimate the direction 61 and
the direction 02.

First, as shown in FIG. 13, the direction estimator 72 esti-
mates the direction 61(fk) of the sound source S1 and the
direction 62(fk) of the sound source S2 for each frequency fk
selected by the frequency selector 54. More specifically, the
direction estimator 72 specifies the direction 01(fk) of the
sound source S1 from a coefficient wl1(tk) and a coefficient
w21(fk) included in the separation matrix W(fk) learned by
the learning processing unit 44 and specifies the direction
02(fk) of the sound source S2 from the coefficient w12(fk)
and the coefficient w22(fk). For example, the direction of a
beam formed by a filter 32 of a processing unit pk when the
coefficient wl1(tk) and the coefficient w21(fk) are set is
estimated as the direction 81(fk) of the sound source S1 and
the direction of a beam formed by a filter 34 of a processing
unit pk when the coefficient w12(fk) and the coefficient w22
(fk) are set is estimated as the direction 62(fk) of the sound
source S2. A method described in H. Saruwatari, et. al.,
“Blind Source Separation Combining Independent Compo-
nent Analysis and Beam-Forming,” EURASIP Journal on
Applied Signal Processing Vol. 2003, No. 11, pp. 1135-1146,
2003 is preferably used to specify the direction 61(fk) and
direction 62(fk) using the separation matrix W(tk).

Second, as shown in FIG. 13, the direction estimator 72
estimates the direction 01 of the sound source S1 and the
direction 62 of the sound source 32 from the direction 61(fk)
and the direction 02(fk) of each frequency fk selected by the
frequency selector 54. For example, the average or central
value of the direction 01(fk) estimated for each frequency fk
is specified as the direction 61 of the sound source S1 and the
average or central value of the direction 62(fk) estimated for
each frequency fk is specified as the direction 02 of the sound
source 32.

The matrix supplementation unit 74 of FIG. 12 specifies
the separation matrix W(fk) of each unselected frequency fk
from the directions 61 and 62 estimated by the direction
estimator 72 as shown in FIG. 13. Specifically, for each unse-
lected frequency fk, the matrix supplementation unit 74 gen-
erates a separation matrix W(fk) of 2 rows and 2 columns
whose elements are the coefficients w11(tk) and w21(fk)
calculated such that the filter 32 of the processing unit pk
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forms a beam in the direction 01 and the coefficients w12(fk)
and w22(fk) calculated such that the filter 34 ofthe processing
unit pk forms a beam in the direction 62. As shown in FIGS.
12 and 13, the separation matrix W (fk) learned by the learning
processing unit 44 is used for the signal processing unit 24 for
each frequency fk selected by the frequency selector 54 and
the separation matrix W(fk) generated by the matrix supple-
mentation unit 74 is used for the signal processing unit 24 for
each unselected frequency fk.

Since the separation matrix W(fk) learned for each fre-
quency tk selected by the frequency selector 54 is used (i.e.,
the initial separation matrix WO(fk) of the unselected fre-
quency fk is notused) to generate the separation matrix W(fk)
of'each unselected frequency fk, the seventh embodiment has
an advantage in that accurate sound source separation is
achieved not only for the frequency (fk) selected by the fre-
quency selector 54 but also for the unselected frequency fk,
regardless of the performance of sound source separation of
the initial separation matrix WO(fk) of the unselected fre-
quency fk.

While, in the above example, the direction 01 and the
direction 62 are estimated from directions 61(fk) and 62(fk)
corresponding to each of a plurality of frequencies tk selected
by the frequency selector 54, this embodiment also preferably
employs a configuration in which a direction 61(fk) and a
direction 02(fk) corresponding to a specific frequency tk
among the plurality of frequencies tk selected by the fre-
quency selector 54 are used as a direction 061 and a direction
02 to be used for the matrix supplementation unit 74 to
generate the separation matrix W(fk).

[H: Eighth Embodiment]

In the seventh embodiment, the direction estimator 72 esti-
mates the direction 81(tk) and the direction 082(fk) using the
separation matrices W(fk) of all frequencies fk selected by the
frequency selector 54. However, in some case, the direction
01(fk) or the direction 682(tk) cannot be accurately estimated
from separation matrices W(fk) of frequencies fk at a lower
band side or frequencies fk at a higher band side in the range
of frequencies. Therefore, in the eighth embodiment of the
invention, separation matrices W(tk) learned for frequencies
fk excluding the frequencies fk at the lower side and the
frequencies fk at the higher side among the plurality of fre-
quencies fk selected by the frequency selector 54 are used to
estimate the direction 81(fk) and the direction 62(fk) (thus to
estimate the direction 01 and the direction 62).

For example, it is assumed that a range of frequencies from
0 Hz to 4000 Hz is divided into 512 frequencies (i.e., bands)
1 to 512 (K=512). The direction estimator 72 estimates a
direction 61(fk) and a direction 62(fk) from separation matri-
ces W(1k) that the learning processing unit 44 has learned for
frequencies tk that the frequency selector 54 has selected
from frequencies £200 to 399 excluding the lower-band-side
frequencies f1 to £199 and the higher-band-side frequencies
1400 to £512. Even when the frequency selector 54 has
selected the lower-band-side frequencies f1 to 199 and the
higher-band-side frequencies {400 to 512 (and, in addition,
even when separation matrices Wfk have been generated for
the lower and higher-band-side frequencies through learning
by the learning processing unit 44), they are not used to
estimate the direction el1(fk) and the direction 82(fk). A con-
figuration, in which separation matrices W(fk) of unselected
frequencies fk are generated from the direction 81(fk) and the
direction 82(fk) estimated by the direction estimator 72, is
identical to that of the seventh embodiment.

In the eighth embodiment, the direction 81 and the direc-
tion 62 are accurately estimated, compared to when separa-
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tion matrices W(tk) of all frequencies fk selected by the
frequency selector 54 are used, since separation matrices
w(tk) learned for frequencies fk excluding lower-band-side
frequencies fk and higher-band-side, frequencies fk are used
to estimate the direction 61 and the direction 62. Accordingly,
it is possible to generate separation matrices W(fk) which
enable accurate sound source separation for unselected fre-
quencies fk. Although both the lower-band-side frequencies
fk and the higher-band-side frequencies fk are excluded in the
above example, this embodiment may also employ a configu-
ration in which either the lower-band-side frequencies tk and
the higher-band-side frequencies fk are excluded to estimate
the direction 81(fk) and the direction 02(fk).

<I: Ninth Embodiment>

In each of the above embodiments, a predetermined num-
ber of frequencies are selected using index values z(f1) to
z(fK) (for example, the determinant z1(fk), the number of
conditions 72(fk), the correlation z3(fk), the amount of
mutual information z4(fk), the trace z5(fk), and the kurtosis
76(fk)) calculated for a single unit interval TU. In the ninth
embodiment described below, index values z(f1) to z(fK) of a
plurality of unit intervals TU are used to select frequencies fk
in one unit interval TU.

FIG. 14 is a block diagram of a frequency selector 54 in a
separation matrix generator 40 of the ninth embodiment. As
shown in FIG. 14, the frequency selector 54 includes a selec-
tor 541 and a selector 542. Index values z(f1) to z(fK) that the
index calculator 52 calculates from observed data D(f1) to
D(K) are provided to the selector 541 for each unit interval
TU. The index value z(fk) is a numerical value (for example,
any of the determinant z1(fk), the number of conditions
72(1k), the correlation z3(tk), the amount of mutual informa-
tion z4(fk), the trace z5(fk), and the kurtosis z6(fk)) that is
used as a measure of the significance of learning of separation
matrices W(1k), using observed data D(fk).

Similar to the frequency selector 54 of each of the above
embodiments, for each unit interval TU, the selector 541
sequentially determines whether or not to select each of the K
frequencies f1 to fK according to the index values z(f1) to
z(fK) of each unit interval TU. Specifically, for each unit
interval TU, the selector 541 sequentially generates a series
y(T) of K numerical values sA_1 to sA_K representing
whether or not to select each of the K frequencies f1 to K. In
the following, the series of numerical values will be referred
to as a “numerical value sequence”. The numerical value
sA_k of the numerical value sequence y(T) is set to different
values when it is determined according to the index value
z(fk) that the frequency fk is selected and when it is deter-
mined that the frequency fk is not selected. For example, the
numerical value sA_k is set to “1” when the frequency fk is
selected and is set to “0” when the frequency fk is not
selected.

The selector 542 selects a plurality of frequencies fk from
the results of determination that the selector 541 has made for
a plurality of unit intervals TU (J+1 unit intervals TU). Spe-
cifically, the selector 542 includes a calculator 56 and a deter-
minator 57. The calculator 56 calculates a coefficient
sequence Y(T) according to coefficient sequences y(T) to
y(T-1) of J+1 unit intervals TU that are a unit interval TU of
number T and J previous unit intervals TU. The coefficient
sequence Y(T) corresponds to, for example, a weighted sum
of coefficient sequences y(T) to y(T-J) as defined by the
following Equation (12).
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J (12)
Y(T) =) @ - )

=0

The coefficient oj (j7=0-J) in Equation (12) indicates a
weight for the coefficient sequence y(T—j). For example, a
weight ¢j of a unit interval TU that is later (i.e., newer) is set
to a greater numerical value (i.e., a0>al> . . . >aJ). The
coefficient sequence Y(T) is a series of K numerical values
sB_1 to sB_K. The numerical values sB_k are weights of the
respective numerical values sA_k of coefficient sequences
y(T) to y(T-1). Accordingly, the numerical value sB_k of the
coefficient sequence Y(T) corresponds to an index of the
number of times the selector 541 has selected the frequency fk
in J+1 unit intervals TU. That is, the numerical value sB_k of
the coefficient sequence Y(T) increases as the number of
times the selector 541 has selected the frequency fk in J+1
unit intervals TU increases.

The determinator 57 selects a predetermined number of
frequencies tk using the coefficient sequence Y(T) calculated
by the calculator 56. Specifically, the determinator 57 selects
a predetermined number of frequencies fk corresponding to
numerical values sB_k, which are located at higher positions
among the K numerical values sB_1 to sB_K of the coeffi-
cient sequence Y(T) when they are arranged in descending
order. That is, the determinator 57 selects frequencies fk that
the selector 541 has selected a large number of times in J+1
unit intervals TU. The selection of frequencies fk by the
determinator 57 is performed sequentially for each unit inter-
val TU.

The learning processing unit 44 generates separation
matrices W(fk) by performing learning upon the initial sepa-
ration matrix WO(fk) using the observed data D(fk) of each
frequency fk that the determinator 57 has selected from the K
frequencies fl1 to fK. A configuration in which the initial
separation matrix WO(fk) is used as the separation matrix
W(1tk) (the first embodiment) or a configuration in which a
separation matrix W(fk) that the matrix supplementation unit
74 generates from the learned separation matrix W(fk) is used
(the seventh embodiment or the eighth embodiment) may be
employed for unselected frequencies (i.e., for frequencies not
selected by the determinator 57).

In the configuration in which the index values z(fk) of only
one unit interval TU are used to select frequencies fk (for
example, in the first embodiment), there is a possibility that
the determination as to whether or not to select frequencies fk
frequently changes for each unit interval TU and accurate
learning of the separation matrix W(fk) is not achieved since
the index value z(fk) depends on the observed data D(tk). In
an environment with great noise (i.e., an environment in
which the observed data D(fk) greatly changes), the reduction
in the accuracy of learning of the separation matrix W(fk) is
especially problematic since the frequency of change of the
determination of selection/unselection of frequencies fk is
increased in the environment. In the ninth embodiment, the
results of determination of selection/unselection of frequen-
cies fk is stable (or reliable) (i.e., the frequency of change of
the determination results is low) even when the observed data
D(fk) has suddenly changed, for example, due to noise since
whether or not to select frequencies fk of each unit interval
TU is determined taking into consideration the overall results
of determination of selection/unselection of frequencies tk of
a plurality of unit intervals TU (J+1 unit intervals TU).
Accordingly, the ninth embodiment has an advantage in that
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it is possible to generate a separation matrix W(fk) which can
accurately separate a desired sound.

FIG.15is a diagram illustrating measurement results of the
Noise Reduction Rate (NRR). In FIG. 15, NRRs of a configu-
ration (for example, the first embodiment) in which frequen-
cies fk that are targets of learning are selected from index
values z(fk) of only one unit interval TU are illustrated as an
example for comparison with the ninth embodiment. NRRs
were measured for angles 02 (-90°, —45°,45°, and 90°) of the
sound source S2 obtained by sequentially changing the direc-
tion 02 in intervals of 45°, starting from -90°, with the direc-
tion 01 of the sound source S1 fixed to 0°. It can be understood
from FIG. 15 that the configuration (the ninth embodiment),
in which whether or not to select frequencies fk of each unit
interval TU is determined taking into consideration the deter-
mination of selection/unselection of frequencies fk in a plu-
rality of unit intervals TU (50 unit intervals TU in FIG. 15),
increases the NRR (i.e., increases the accuracy of sound
source separation).

Although a weighted sum (coefficient sequence Y(T)) of
the coeficient sequences y(T) to y(T-J) is applied to select
frequencies fk in the above example, the method for selecting
frequencies fk which are learning targets may be changed as
appropriate. For example, this embodiment may also employ
a configuration in which, for each of the K frequencies f1 to
fK, the number of times the frequency is selected in J+1 unit
intervals TU is counted and a predetermined number of fre-
quencies tk which are selected a large number of times are
selected as learning targets (i.e., a configuration in which a
weighted sum of coefficient sequences y(T) to y(T-J) is not
calculated).

For example, this embodiment may also preferably employ
a configuration in which the coefficient sequence Y(T) is
calculated by simple summation of the coefficient sequences
y(T) to y(T-J). However, according to the configuration in
which the weighted sum of the coefficient sequences y(T) to
y(T-1)is calculated, it is possible to determine whether or not
to select frequencies fk, preferentially taking into consider-
ation the results of determination of selection/unselection of
frequencies fk in a specific unit interval TU among the J+1
unit intervals TU. In the configuration in which the weighted
sum of the coefficient sequences y(T) to y(T-J) is calculated,
the method for selecting weights a0 to ol is arbitrary. For
example, it is preferable to employ a configuration in which
the weight @ is set to a smaller value as the SN ratio of the
(T=j)th unit interval TU decreases.

<J: Modifications>

Various modifications can be made to each of the above
embodiments. The following are specific examples of such
modifications. It is also possible to arbitrarily select and com-
bine two or more of the following modifications.

(1) Modification 1

Although a Delay-Sum (DS) type beam-former which
emphasizes a sound arriving from a specific direction is
applied to each processing unit Pk (the filter 32 and the filter
34) in each of the above embodiments, a blind control type
(null) beam-former which suppresses a sound arriving from a
specific direction (i.e., which forms a blind zone for sound
reception) may also be applied to each processing unit pk. For
example, the blind control type beam-former is implemented
by changing the adder 325 of'the filter 32 and the adder 345 of
the filter 34 of the processing unit pk to subtractors. When the
blind control type beam-former is employed, the separation
matrix generator 40 determines the coefficients (w11(fk) and
w21(fk)) of the filter 32 so that a blind zone is formed in the
direction 61 and determines the coefficients (w12(fk) and
w22(fk)) of the filter 34 so that a blind zone is formed in the
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direction 82. Accordingly, the sound SV1 of the sound source
S1 is suppressed (i.e., the sound SV2 is emphasized) in the
separated signal U1 and the sound SV2 ofthe sound source S2
is suppressed (i.e., the sound SV1 is emphasized) in the
separated signal U2.

(2) Modification 2

In each of the above embodiments, the frequency analyzer
22, the signal processing unit 24, and the signal synthesizer 26
may be omitted from the signal processing device 100. For
example, the invention may also be realized using a signal
processing device 100 that includes a storage unit 14 that
stores observed data D(fk) and a separation matrix generator
40 that generates separation matrices W(fk) from the
observed data D(fk). A separated signal U1 and a separated
signal U2 are generated by providing the separation matrices
W(tk) (W(f1) to W({K)) generated by the separation matrix
generator 40 to a signal processing unit 24 in a device sepa-
rated from the signal processing device 100.

(3) Modification 3

Although the initial value generator 42 generates an initial
separation matrix WO(fk) (WO0(f1) to WO({K)) for each of the
K frequencies f1 to fK in each of the above embodiments, the
invention may also employ a configuration in which a prede-
termined initial separation matrix W0 is commonly applied as
an initial value for learning of the separation matrices W(fl)
to W(fK) by the learning processing unit 44. The configura-
tion in which the initial separation matrix WO0(fk) is generated
from observed data D(fk) is not essential in the invention. For
example, the invention may also employ a configuration in
which initial separation matrices WO0(f1) to WO(fK) which are
previously generated and stored in the storage unit 14 are used
as initial values for learning of the separation matrices W(fl)
to W(fK) by the learning processing unit 44. In the configu-
ration in which initial separation, matrices WO(fk) of unse-
lected frequencies fk are not used (for example, the seventh
and eighth embodiments), the initial value generator 42 may
generate an initial separation matrix WO(fk) only for each
frequency fk that the frequency selector 54 has selected from
the K frequencies f1 to fK.

(4) Modification 4

The index values (i.e., the determinant z1(fk), the number
of conditions z2(fk), the correlation z3(fk), the amount of
mutual information z4(fk), the trace z5(fk), and the kurtosis
76(fk))) which are each used as a reference for selection of
frequencies fk in each of the above embodiments are merely
examples of a measure (or indicator) of the significance of
learning of the separation matrices W(fk) using the observed
data D(fk) of the frequencies fk. Of course, a configuration in
which index values different from the above examples are
used as a reference for selection of frequencies fk is also
included in the scope of the invention. A combination of two
or more index values arbitrarily selected from the above
examples may also be preferably used as a reference for
selection of frequencies fk. For example, the invention may
employ a configuration in which frequencies fk at which a
weighted sum of the determinant z1 and the trace 75 is great
are selected or a configuration in which frequencies fk at
which a weighted sum of the reciprocal of the determinant z1
and the kurtosis z6 is small are selected. In both of these
configurations, frequencies fk with high learning effect are
selected.

The methods for calculating the index values are also not
limited to the above examples. For example, to calculate the
determinant z1(fk) of the covariance matrix Rxx(tk), the
invention may employ not only the method of the first
embodiment in which singular value decomposition of the
covariance matrix Rxx(fk) is used but also a method in which
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the variance o1” of the magnitude x1(r, fk) of the observed
signal V1, the variance 02 of the magnitude x2(r, {k) of the
observed signal V2, and the correlation z3(fk) of Equation (8)
are substituted into the following Equation (13).

z1(fk)=c12022(1-z3(f%)?) 13)

(5) Modification 5

Although each of the above embodiments, excluding the
second embodiment, is exemplified by the case where the
number of sound sources S (S1, S2) is 2 (i.e., n=2), of course,
the invention is also applicable to the case of separation of a
sound from three or more sound sources S. n or more sound
receiving devices M are required when the number of sound
sources S, which are targets of sound source separation, is n.

What is claimed is:

1. A signal processing device for processing a plurality of
observed signals at a plurality of frequencies, the plurality of
the observed signals being produced by a plurality of sound
receiving devices which receive a mixture of a plurality of
sounds, the signal processing device comprising:

a storage unit that stores observed data of the plurality of
the observed signals, the observed data representing a
time series of magnitude of each frequency in each of the
plurality of the observed signals;

an index calculation unit that calculates an index value
from the observed data for each of the plurality of the
frequencies, the index value indicating significance of
learning of a separation matrix using the observed data
of'each frequency of the plurality of the frequencies and
representing a total number of bases that are axis lines of
regions in which observed vectors obtained from the
observed data are distributed, each observed vector
including, as elements, respective magnitudes of a cor-
responding frequency in the plurality of the observed
signals, the separation matrix being used for separation
of' the plurality of the sounds;

a frequency selection unit that selects at least one fre-
quency from the plurality of the frequencies according
to the index value of each frequency calculated by the
index calculation unit by selecting one or more frequen-
cies at which the total number of the bases represented
by the index value is larger than a total number of bases
represented by index values at other frequencies; and

a learning processing unit that determines the separation
matrix by learning with a given initial separation matrix
using the observed data of the frequency selected by the
frequency selection unit among the plurality of the
observed data stored in the storage unit.

2. The signal processing device according to claim 1,

wherein

the index calculation unit calculates, as the index value, a
determinant of a covariance matrix of the observed vec-
tors for each of the plurality of the frequencies, and

the frequency selection unit selects one or more frequency
at which the determinant is greater than determinants at
other frequencies.

3. The signal processing device according to claim 2,

wherein

the index calculation unit calculates a first determinant
corresponding to product of a first number of diagonal
elements among a plurality of diagonal elements of a
singular value matrix specified through singular value
decomposition of the covariance matrix of the observed
vectors, and calculates a second determinant corre-
sponding to product of a second number of the diagonal
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elements, which are fewer in number than the first num-
ber of the diagonal elements, among the plurality of the
diagonal elements, and

the frequency selection unit sequentially performs select-
ing of frequency using the first determinant and select-
ing of frequency using the second determinant.

4. The signal processing device according to claim 1,

wherein

the index calculation unit calculates, as the index value, a
number of conditions of a covariance matrix of the
observed vectors, and

the frequency selection unit selects one or more frequency
at which the number of the conditions is smaller than
number of conditions calculated at other frequencies.

5. The signal processing device according to claim 1,
wherein

the index calculation unit calculates an index value repre-
senting independency between the plurality of the
observed signals at each frequency, and

the frequency selection unit selects one or more frequency
at which the independency represented by the index
value is higher than independencies calculated at other
frequencies.

6. The signal processing device according to claim 5,

wherein

the index calculation unit calculates, as the index value, a
correlation between the plurality of the observed signals
or an amount of mutual information of the plurality of
the observed signals, and

the frequency selection unit selects one or more frequency
at which the correlation or the amount of mutual infor-
mation is smaller than correlations or amounts of mutual
information calculated at other frequencies.

7. The signal processing device according to claim 1,

wherein

the index calculation unit calculates, as the index value, a
trace of a covariance matrix of the plurality of the
observed signals at each of the plurality of the frequen-
cies, and

the frequency selection unit selects a frequency at which
the trace is greater than traces at other frequencies.

8. The signal processing device according to claim 1,

wherein

the index calculation unit calculates, as the index value,
kurtosis of a frequency distribution of magnitude of the
observed signals at each of the plurality of the frequen-
cies, and

the frequency selection unit selects one or more frequency
at which the kurtosis is lower than kurtoses at other
frequencies.

9. The signal processing device according to claim 1, fur-
ther comprising an initial value generation unit that generates
an initial separation matrix for each of the plurality of the
frequencies, wherein

the learning processing unit generates the separation
matrix of the frequency selected by the frequency selec-
tion unit through learning using the initial separation
matrix of the selected frequency as an initial value, and
uses the initial separation matrix of a frequency not
selected by the frequency selection unit as a separation
matrix of the frequency that is not selected.

10. The signal processing device according to claim 1,

further comprising:

a direction estimation unit that estimates a direction of a
sound source of each of the plurality of the sounds from
the separation matrix generated by the learning process-
ing unit; and
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a matrix supplementation unit that generates a separation
matrix of a frequency not selected by the frequency
selection unit from the direction estimated by the direc-
tion estimation unit.

11. The signal processing device according to claim 10,
wherein the direction estimation unit estimates the direction
of'the sound source of each of the plurality of the sounds from
the separation matrix that is generated by the learning pro-
cessing unit for at least a frequency excluding at least one of
a frequency at lower-band-side and a frequency at higher-
band-side among the plurality of the frequencies.

12. The signal processing device according to claim 1,
wherein

the index calculation unit sequentially calculates, for each
unit interval of the sound signals, an index value of each
of the plurality of the frequencies, and wherein

the frequency selection unit comprises:

a first selection unit that sequentially determines, for each
unit interval, whether or not to select each of the plurality
of'the frequencies according to an index value of the unit
interval; and

a second selection unit that selects the at least one fre-
quency from results of the determination of the first
selection unit for a plurality of unit intervals.

13. The signal processing device according to claim 1,

wherein

the first selection unit sequentially generates, for each unit
interval, a numerical value sequence indicating whether
or not each of the plurality of the frequencies is selected,
and

the second selection unit selects the at least one frequency
based on a weighted sum of respective numerical value
sequences of the plurality of the unit intervals.

14. A non-transitory machine readable medium containing

a program for use in a computer having a processor for pro-
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cessing a plurality of observed signals at a plurality of fre-
quencies, the plurality of the observed signals being produced
by a plurality of sound receiving devices which receive a
mixture of a plurality of sounds, and a storage that stores
observed data of the plurality of the observed signals, the
observed data representing a time series of magnitude of each
frequency in each of the plurality of the observed signals, the
program being executed by the processor to perform:

an index calculation process for calculating an index value
from the observed data for each of the plurality of the
frequencies, the index value indicating significance of
learning of a separation matrix using the observed data
of each frequency of the plurality of the frequencies and
representing a total number of bases that are axis lines of
regions in which observed vectors obtained from the
observed data are distributed, each observed vector
including, as elements, respective magnitudes of a cor-
responding frequency in the plurality of the observed
signals, the separation matrix being used for separation
of the plurality of the sounds;

a frequency selection process for selecting at least one
frequency from the plurality of the frequencies accord-
ing to the index value of each frequency calculated by
the index calculation process by selecting one or more
frequencies at which the total number of the bases rep-
resented by the index value is larger than a total number
of bases represented by index values at other frequen-
cies; and

alearning process for determining the separation matrix by
learning with a given initial separation. matrix using the
observed data of the frequency selected by the frequency
selection process among the plurality of the observed
data stored in the storage.
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